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Abstract—This paper presents a joint adaptive modulation and
coding (AMC) scheme, which exploits the coherence bandwidth
of the wireless channel to divide the transmitted frame into
independent sub-channels that correspond to the channel coher-
ence bandwidth. This strategy is implemented for orthogonal
frequency division multiplexing (OFDM) systems with channel
state information (CSI) feedback. Low density parity check
(LDPC) codes are utilized for encoding by employing signal-
to noise ratio (SNR) dependent coding rates, as well as distinct
modulation schemes to achieve adaptivity to time-varying channel
conditions. The performance of the proposed system was tested on
Rayleigh fading channels that exhibit frequency coherent bands.
Numerical results obtained via simulation demonstrate that the
throughput of the proposed system and bit error rate (BER)
performance are better than previously suggested approaches.
I. INTRODUCTION
Recently, the requirements for achieving high performance
in wireless communications systems have increased dramati-
cally. These requirements have focused on the schemes that
increase the transmission of data as well as minimizing the
BER at the receiver. OFDM for single user and orthogonal
frequency division multiple access (OFDMA) for multiuser
are examples of such powerful systems. The above two sys-
tems have been adopted by many standards including Fixed
WiMAX IEEE 802.16 and Mobile WIMAX IEEE 802.16e.
They demonstrate high ability to tackle the degradations
introduced by multipath channels that cause inter symbol
interference (ISI) at low computational complexities. However,
the transmitted waveforms of these systems exhibit high peak-
to-average power ratio (PAPR) and are sensitive to Doppler
shifts, which produce inter carrier interference (ICI) [1].
OFDM and OFDMA systems are implemented in practice
using error correcting schemes, such as convolutional, turbo
and LDPC codes. In this paper, we adopt LDPC codes since
they exhibit lower computational complexity. LDPC codes
were invented by Gallager in 1963 as a class of linear
codes. Their main feature is a sparse generator matrix which
comprises a low density of ones. Nowadays, LDPC codes
are widely employed in AMC strategies to select suitable
modulation and coding rates for OFDM and OFDMA sub-
carriers based on returned CSI. The aim is to avoid the addi-
tional iterative processing, which is impractical with real-time
systems, since LPDC decoding already incorporates iterations
inside its decoder [2]-[4].
Most research studies so far focused on AMC for OFDM
systems without any consideration of the frequency coherence
of the underlying wireless channel. In [5], AMC for OFDM
schemes was presented, which divided the OFDM frame
into fixed clusters, with each cluster exhibiting independent
modulation and coding schemes (MCS) according to CSI that
was returned from the receiver. In [6] and [7], the implemen-
tation of adaptive bit-interleaved coded modulation (BICM)
with OFDM was introduced depending on the returned CSI
obtained from the estimated BER. However, they considered
the OFDM frame as a one part with same MCS for all symbols.
In [8], a novel two-step channel prediction technique has been
proposed that considered the time-varying nature of a channel
over the duration of interest that produced the required CSI
to the transmitter to achieve adaptivity. Issues concerning the
distribution methods of pilot through the OFDM frame have
been widely addressed in recent research work. The two main
prevailing approaches are block and comb pilot distribution
methods [9]-[11].
The key contribution of this paper is to exploit the coherence
of the channel by dividing the OFDM frame into sub-channels
that correspond to the detected channel coherence bands at the
receiver. Subsequently, each individual sub-channel is assigned
its own independent MCS. Moreover, in order to achieve an
optimum channel estimate, pilots are inserted and interleaved
across the frame data using the comb method [9]-[10]. The
proposed AMC strategy is established on six adapting options
that support the flexibility of switching between MCS schemes
in real time to reach the required performance.
The remainder of the paper is organized as follows. In
Section II, the description of the proposed system is presented.
Section III outlines the LDPC decoding algorithm, while the
proposed combined LDPC AMC-OFDM scheme is introduced
in Section IV. Section V demonstrates the performance of the
proposed system via simulation results. Finally, conclusions
are drawn in Section VI.
II. SYSTEM MODEL DESCRIPTION
This section outlines the proposed AMC-LDPC for an
OFDM system. In this scheme, LDPC codes are considered
with three different coding rates in conjunction with two mod-
ulation schemes, i.e. 16 quadrature amplitude modulation (16-
QAM) and quadrature phase shift keying (QPSK) modulation.
These two modulation types combined with three coding rates
produce six individual MCSs.
The transmitted OFDM frame of the proposed system
contains N sub-carriers, which are divided into Np pilots, Nd
data sub-carrier, and NCP sub-carriers used as cyclic prefix.
The pilots are distributed uniformly into groups corresponding
to the number of the detected frequency coherence bands Ncoh
of the channel. Each sub-channel adopts a distinct MCS and
contains Nd/Ncoh number of data and Np/Ncoh pilot sub-
carriers. The number of the selected MCSs for each group of
symbols is sent to the transmitter via the returned CSI, instead
of estimated channel and SNR values in order to reduce the
size of the feedback information required. The investigated
system can be divided into the following three parts.
A. Transmitter
The transmitter comprises three main blocks as shown in
Fig. 1. The first block generates, from the binary data, different
coded and modulated symbol groups that are assigned to dif-
ferent sub-channels. The second block assembles the OFDM
signalling frame from the modulated data and the pilots, which
are inserted at uniform positions using a comb approach. The
final part of the transmitter implements the inverse fast Fourier
transform (IFFT) and CP insertion operations. The transmitted
OFDM frame can be mathematically represented as:
x(k) =
1√
NFFT
NFFT∑
n=1
X(n)e
j2pikn
NFFT (1)
where x(k) are the transmitted waveform samples in the time-
domain, X(n) denotes the OFDM symbols assigned to each
data sub-carrier, NFFT is the FFT size and k = {1 . . . NFFT}
and n = {1 . . . NFFT} are the time and frequency domain
indices, respectively.
and MUX
Pilot Insertion
Data
CSI
IFFT
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Fig. 1. Transmitter block diagram of the proposed system.
B. Channel Model
A wireless Rayleigh fading communication channel is con-
sidered in this paper. A key assumption is that the channel
exhibits coherence frequency bands, thus, the total system
bandwidth is divided into sub-channels that are time-varying
but flat in terms of attenuation for all sub-carriers within the
same band. The individual sub-channel values are assumed
to be correlated between subsequent symbols. The impulse
response of the channel is given as:
h(k) =
L−1∑
l=0
hl(k)δ(τl) (2)
where L is the number of taps, τl is the time delay associated
with the l-th tap and hl(k) is the complex-valued channel
fading coefficient of the l-th tap for the time index k. The
coherence bandwidth Bcoh, which represents the frequency
correlation between channel gains, is given for values above
0.9 as:
Bcoh =
1
50στ
, (3)
where στ is the root mean square (rms) of the multipath delay
spread in the time domain, given as:
στ =
√√√√∑L−1l=0 |hl(k)|2τl∑L−1
l=0 |hl(τl)|2
. (4)
C. Receiver Description
The receiver structure is illustrated in Fig. 2. After the cyclic
prefix has been removed, the received OFDM frame can be
represented as:
y(k) = r(k) + w(k) = x(k)⊗ h(k) + w(k), (5)
where y(k) are the received samples, h(k) refers to the channel
coefficients, w(k) represents the additive white Gaussian noise
(AWGN) samples, ⊗ denotes the circular convolution opera-
tion. The result of the circular convolution, r(k), between the
transmitted OFDM samples and the channel values is defined
as:
r(k) =
L−1∑
l=0
h(l)x((k − l))N , k = 0 . . . N − 1. (6)
After the FFT operation is applied to the entire OFDM frame,
the received signal samples can be expressed as:
Y (n) = X(n)H(n) + W (n). (7)
Following the FFT operation, the pilots and the data are
extracted from the received OFDM frame. The pilots are
utilized in the channel estimation algorithm and CSI unit,
which produces the estimated channel and SNR values, as
well as, the decision of suitable MCS for each sub-channel.
Finally, the data are demodulated and decoded in the same
selected transmitted MCSs. In this paper, a Mobile WiMAX
IEEE 802.16e system is considered with the parameters listed
in table I.
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Fig. 2. Receiver block diagram of the proposed system.
TABLE I
SYSTEM PARAMETERS
No Parameter Value
1 Bandwidth 20 MHz
2 Number of FFT 2048
3 Number of data carrier 1440
4 Number of pilot carrier 240
5 Number of cyclic prefix 368
6 Coherence bandwidth 4 MHz
III. LDPC DECODING
The LDPC codes that have been adopted in this paper are
irregular repeat accumulate codes. As our system follows the
Mobile WiMAX standard, the LDPC codeword size is limited
to a set of values between 567 and 2304, in increments of 96.
LDPC encoding is performed by generating the parity check
matrix, which must be a sparse matrix, and has a specified
number of columns and rows according to the codeword size
and employed code rate, respectively. To obtain the encoded
data sequence, the entire binary data vector is multiplied by
the generator matrix, which is derived from the parity check
matrix. Furthermore, the decoding algorithm is implemented
using four processing steps, i.e. initialization, check node
update, bit node update and hard decision. We now proceed
with the description of the individual steps [12].
A. Initialization
Set the loop iteration, l = 0.
η[0]m,n = 0, ∀ (m,n) with A(m,n) = 1 (8)
λ[0]n = Lcrn, l = l + 1. (9)
where A is the parity check matrix, Lc is the channel reliabil-
ity, λ and η are the messages from bit nodes to check nodes,
and check to bit nodes, respectivelly.
B. Check node update
η[l]m,n = −2 tanh−1(Πj∈Nm,n tanh(−
λ
[l−1]
j − ηl−1]m,j
2
). (10)
C. Bit node update
λln = Lcrn +
∑
m∈Mn
η[l]m,n. (11)
D. Hard decision
cn =
{
1, if λn > 0
0, otherwise
}
(12)
if (Ac′ = 0) , then stop;
else if (l < L) go to check node update;
otherwise exit;
Here, cn are the decoded data bits, L is the maximum number
of iterations, and c′ is the vector containing the decoded bits
at the end of the final iteration.
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Fig. 3. AMC-LDPC-OFDM transmitted block frame.
IV. PROPOSED AMC-LDPC-OFDM SYSTEM
The LDPC encoder encodes the entire data sequence using
one of the three possible code rates (1/2, 2/3 and 3/4).
Furthemore, two modulation schemes are available for sub-
channels in order to satisfy their selected MCSs, i.e. QPSK
and 16-QAM. The novelty of this paper is the introduction
of distinct MCSs that correspond to the detected frequency
coherent sub-channels. The Np pilots are modulated using
BPSK to guarantee insensitivity to channel effects at both low
and high SNR levels. Additionally, they are distributed across
the data symbols according to the comb-method by allocating
one pilot carrier for every six data symbols, as illustrated in
Fig. 3.
At the receiver, channel and SNR estimation, as well as
the decision on MCS selection for each sub-channel are
performed. The channel estimation was implemented using the
least square (LS) method [13]:
Hˆp(m) = D[Xp(m)]
−1Yp(m), m = 0 . . . Np − 1. (13)
where Hˆp(m) are the estimated pilot channel values,
D[Xp(m)] is a diagonal matrix constructed using the known
transmitted pilot symbols, and Yp(m) are the received pilot
symbols after the FFT operation. The final channel values
are obtained by averaging neighbour pilots instead of using
interpolation methods to reduce the complexity. A two-sample
average was utilized based on the assumption that the channel
will remain constant throughout the duration of an OFDM
block, i.e.
H(n) =
1
2
[
Hˆp(m) + Hˆp(m + 1)
]
, (14)
m = mod(n,Np), n = 0 . . . N − 1. (15)
where H(n) represents the n-th data sub-carriers between
two pilots, and m denotes the index of corresponding pilot.
Furthermore, the SNR is estimated for each symbol in the
OFDM frame and the minimum value for each sub-channel
γm,min is selected to guarantee that the required performance
is maintained:
SNR(n) =
E{|H(n)|2|X(n)|2}
E{|W (n)|2}
=
E{|H(n)|2}E{|X(n)|2}
E{|W (n)|2}
= Es
E{|H(n)|2}
σ2W (n)
,
where σ2W (n) is the AWGN variance, Es = E{|X(n)|2}
is the average symbol energy, which is 1 for QPSK and
10d2 for 16-QAM, where d is the minimum distance between
constellation points. In practice, we can replace E{|H(n)|2}
with the estimated channel values |Hˆ(n)|2. The minimum
SNR is then obtained as:
γm,min = min[SNR(n)] = min
{
Es
|Hˆ(n)|2
σ2W (n)
}
(16)
The selection of suitable MCS for each sub-channel is based
on the estimated SNR of the corresponding sub-channel
according to table II, which considers the threshold SNR
values for a BER of 10−3 [5]. The diversity of MCSs for
TABLE II
SNR THRESHOLD VALUES FOR MCS
Modulation type Code rate Threshold dB
QPSK 1/2 4.5
QPSK 2/3 5.6
QPSK 3/4 8.2
16-QAM 1/2 10.5
16-QAM 2/3 11.9
16-QAM 3/4 > 11.9
symbol groups that are included in the same OFDM frame
improves the system throughput µ by increasing the transmit-
ted throughput ψ, which depends on the coding rate Rc and
the modulation order M , and is given as [5]:
ψ = log2(M)Rc. (17)
The system throughput can be mathematically expressed as:
µ =
NMCS∑
i=1
Pr{MCS(i)}ψ(1− SER). (18)
where Pr{MCS(i)} denotes the probability of choosing each
MCS, SER is symbol error rate and NMCS is the number
of MCSs. Additionally, the increase of SER, which depends
on selection of the optimum MCS for the channel type
(Pr{MCS(i)}), leads to an increase in the system throughput
as shown in Eq. (18).
V. RESULTS
The performance of the proposed AMC-LDPC OFDM
system is investigated in Rayleigh fading channels exhibiting
five frequency coherence bands. The parameters of the Mobile
WiMAX standard listed in Table I have been utilized for the
simulation. Fig. 4 shows the throughput comparison between
two systems; a conventional adaptive system which adopts the
same MCS for the whole OFDM frame, and the proposed
adaptive system. It is observed that the proposed scheme
provides a throughput related performance gain between 0.1-
1.2 Mbit over the conventional adaptive system for a SNR
range between 5 and 35 dB. The enhancement in performance
is due to the fact that the proposed strategy exploits the
channel conditions to construct the transmitted OFDM frame,
which contains different types of modulation and coding rates
that are related to the coherence bandwidth of the underlying
channel. Moreover, the suggested approach benefits from the
fading diversity on sub-channels to increase the transmitted
throughput, which in turn improves system performance by
increasing the coding rate and modulation level as indicated
in Eq. (17) and (18). It is worth observing that at high SNR
levels above 35 dB the performance of the adaptive systems
approximately converges to the same value because they select
the same MCS for all sub-channels. Fig. 5 demonstrates the
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Fig. 4. Throughput of the conventional and proposed systems.
difference in transmitted throughput between the conventional
adaptive and proposed approaches. It is apparent that the
performance of proposed system achieves 0.1-0.6 bit/symbol
better than the conventional over a SNR range between 5 and
35 dB.
Fig. 6 illustrates the average BER performance as a function
of the SNR for the two investigated systems. After 10 dB
of SNR, the plot shows clearly the performance advantage
of the proposed adaptive scheme. The improvement is due
to the optimal MCS selection for each sub-channel, which in
turn, enhances the BER performance. However, for high SNR
values, the difference in performance between the two adaptive
schemes is approximately the same, because their constructed
transmitted OFDM frames become nearly identical. Fig. 7
displays the behaviour of the proposed AMC-LDPC based
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OFDM system in terms of selecting the maximum reliable
data size, which is computed by averaging each sub-channel. It
should be highlighted that individual points in this graph may
contain different types of coding rates and modulation levels.
From the diagram, it is apparent that the proposed scheme
outperforms the conventional adaptive system. Moreover, it
should be noted that at 35 dB of SNR, the data size is chosen
to be maximum, indicating that all sub-channels have same
modulation type (16-QAM) and coding rate (R=3/4).
VI. CONCLUSIONS
An AMC-LDPC scheme for OFDM based wireless commu-
nications systems, has been investigated in this paper. In order
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Fig. 7. Transmitted data size of the conventional and proposed systems.
to improve the throughput and BER perform-ance, the detected
coherence bandwidth of the channel has been employed as an
im-portant indicator to divide the OFDM frame into distinct
sub-channels and subse-quently assign individual modulation
schemes and coding rates suited to the corre-sponding channel
conditions. The throughput is improved in the proposed system
by exploiting the fading diversity of the channel, which results
in increased coding rate and modulation orders, which are
utilized for sub-channels with stable fading profiles. Moreover,
the optimal MCS selection for each sub-channel increases the
aggregate system throughput by decreasing the SER due to the
optimal utilization of the channel state for each sub-channel
at the transmitter. Simulation results have demonstrated that
both the system throughput and BER are improved compared
to the conventional adaptive approach. Future work will be
focused on enhancing the channel estimation methods to
further improve the BER and throughput performances of the
system.
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